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SPEECH SIGNAL LEVELING

BACKGROUND
1. Technical Field

[0001] The disclosure relates to a system and method (generally referred to as a

“system”) for speech signal leveling.
2. Related Art

[0002] In speech signal processing such as speech recognition and hands-free
communication, a well leveled output speech signal is crucial for an adequate recognition
rate of a speech recognition system or an adequate intelligibility at a far-end side of a
hands-free system. In a simple approach, an automatic gain control (AGC) may be based
on a (peak) limiter whose (input) gain is set in such a way that speech, even when softly
spoken or spoken from a far distance, is amplified to still deliver a well-leveled output
signal, i.e. a speech signal whose peaks are ideally full scale of an acceptable maximum
amplitude range. On the other hand, any speech spoken at closer distance with a loud
voice is attenuated to full scale by the limiter. In this way, the signal-to-noise ratio (SNR)
will decrease if the talker is at a shorter distance to an input microphone as the limiter will
be more often active so that undesired noise and/or residual echoes are not limited in
contrast to the speech which exceeds full scale and is limited to full scale by the (peak)
limiter. If, however, a speaker is too far away from the microphone or speaks softly, the
speech output signal will not be full scale, which again may decrease the SNR. As a
consequence, a speech signal leveler is desired which automatically adjusts the speech

level to such dynamically changing situations.
SUMMARY

[0003] A speech signal leveling system includes a controllable-gain block
configured to receive an input signal and to generate an output signal by applying a

frequency-dependent or frequency-independent controllable gain to the input signal, the
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gain being dependent on a gain control signal. The system further includes a speech
detecting block configured to receive the input signal and to generate at least one speech
detection signal indicative of voice components contained in the input signal. The system
further includes a gain control block configured to receive the input signal and the at least
one speech detection signal, and to generate the gain control signal based on the input
signal and the at least one speech detection signal. The gain control block is further
configured to control the controllable-gain block to amplify or attenuate the input signal
to have a predetermined mean or maximum or absolute peak signal level as long as voice

components are detected in the input signal.

[0004] A speech signal leveling method includes generating an output signal by
applying a frequency-dependent or frequency-independent controllable gain to an input
signal, the gain being dependent on a gain control signal, and generating at least one
speech detection signal indicative of voice components contained in the input signal. The
method further includes generating the gain control signal based on the input signal and
the at least one speech detection signal, and controlling the controllable-gain block to
amplify or attenuate the input signal to have a predetermined mean or maximum or

absolute peak signal level as long as voice components are detected in the input signal.

[0005] Other systems, methods, features and advantages will be, or will become, apparent
to one with skill in the art upon examination of the following detailed description and
appended figures. It is intended that all such additional systems, methods, features and
advantages be included within this description, be within the scope of the invention, and

be protected by the following claims.
BRIEF DESCRIPTION OF THE DRAWINGS

[0006] The system may be better understood with reference to the following
drawings and description. The components in the figures are not necessarily to scale,
emphasis instead being placed upon illustrating the principles of the invention. Moreover,
in the figures, like referenced numerals designate corresponding parts throughout the

different views.

[0007] Figure 1 is a simplified schematic diagram illustrating a signal processing

structure and a signal flow of an exemplary speech leveling system.
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[0008] Figure 2 is a detailed schematic diagram illustrating a signal processing
structure and signal flow of an exemplary implementation of the speech leveling system

shown in Figure 1.
[0009] Figure 3 is a flow chart illustrating an exemplary speech leveling method.

[0010] Figure 4 is a simplified schematic diagram illustrating a signal processing

structure and signal flow of another exemplary speech leveling system.

[0011] Figure 5 is a detailed schematic diagram illustrating a signal processing
structure and signal flow of an exemplary implementation of the speech leveling system

shown in Figure 4.

[0012] Figure 6 is a detailed schematic diagram illustrating a signal processing
structure and signal flow of a modification of the speech leveling system shown in Figure

4.

[0013] Figure 7 is a detailed schematic diagram illustrating a signal processing
structure and signal flow of another modification of the speech leveling system shown in

Figure 4.
DETAILED DESCRIPTION

[0014] In the following description of exemplary speech leveling systems and
methods, a block is understood to be a hardware system or an element thereof with at
least one of: a processing unit (such as a controller, processor etc.) executing software
and a dedicated circuit structure for implementing a desired signal transferring or
processing function. Blocks may be connected to or in another way operatively coupled
with each other to provide a specific signal flow structure and to generate specific signals
as detailed below. A characteristic of speech (voice) is the presence of silent intervals
(empty pauses) and vocalizations (filled pauses) that do not have a lexical meaning. An
empty and a filled pause are likely to coincide with boundaries, realized as a silent interval
of varying length, at clause and paragraph level and often mark the boundaries of narrative
units. Pauses in speech are typically a multi-determined phenomenon attributable to

physical, socio-psychological, communicative, linguistic and cognitive causes.
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[0015] Figure 1 is a schematic diagram illustrating the signal processing structure
and the signal flow of an exemplary speech leveling system (which may perform an
exemplary speech leveling method). The speech leveling system shown in Figure 1
includes a controllable-gain block 101 (e.g., a controllable amplifier, controllable
attenuator, controllable filter, multiplier, etc.) that receives an input signal x(n) and
provides an output signal y(n). The output signal y(n) is the input signal x(n) to which a
frequency-dependent or frequency-independent controllable gain G has been applied. The
controllable-gain block 101, i.e., its gain G, is controlled by way of a gain control signal
g(n). The input signal x(n) is also supplied to a speech detecting block 102 that generates
at least one speech detection signal indicative of voice components contained in the input
signal x(n). In the example system shown, two speech detection signals, a voice activity
detection signal VAD(n), e.g., a VAD flag, and a speech pause detection signal SPD(n),
e.g., an SPD flag, are provided whose generation and characteristics are detailed further

below.

[0016] The input signal x(n) is also supplied to a gain control block 103 which
additionally receives the speech detection signals and generates the gain control signal
g(n) based on the input signal x(n) and the speech detection signal(s), e.g., the voice
activity detection signal VAD(n) and optionally the speech pause detection signal SPD(n).
The gain control block 103 controls the controllable-gain block 101 so that the input
signal x(n) is amplified or attenuated to have a predetermined mean or maximum or
absolute peak signal level as long as no voice components are detected in the input signal
x(n). For example, the input signal x(n) may be blocked, i.c., the output signal y(n) is

(almost) zero, as long as no voice components are detected in the input signal x(n).

[0017] The speech leveling system shown in Figure 1 may further include an optional
delay block 104 that delays by a certain time (e.g., a certain number of frames or samples)
the input signal x(n) before it is supplied to the controllable-gain block 101 such that the
input signal x(n) supplied to the controllable-gain block 101 is delayed with respect to the
input signal x(n) as it is supplied to the speech detecting block 102 and the gain control
block 103. Situations in which the delay block 104 may be utilized are outlined further

below.
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[0018] The speech detecting block 102 may further receive, e.g., from a register or
memory (both not shown), an SNR threshold VadSnrty, a threshold Vadrs, and, a timer
value Vadrimer, for the voice activity detection, and, optionally, a SNR threshold SpdSnrr,
a threshold Spdtu, and a timer value SpdTimer for the optional speech pause detection.
Further, at least one of a minimum noise threshold MinNoise, an initial root mean square
(RMS) value Rmslnit dB, a root mean square threshold RMSth, and a threshold
MaxAbsPeak may be provided to the speech detecting block 102. The gain control block
103 may further receive, e.g., from a register or memory (both not shown), an optional
smoothing time parameter Tsmooth, at least one of tuning parameter MaxVadGain and
tuning parameter MaxSpdGain, and a reference level RefLevel or a reference peak level
RefPeakLevel. Optionally, a (peak) limiter block 105 may operatively be connected
downstream of the controllable-gain block 101 to receive the output signal y(n) and to
provide a limited output signal Out(n). The (peak) limiter block 105 may further receive
a predetermined limiter gain LimGain, a limiter threshold LimTh, an attack time AttackT,

and a release time ReleaseT.

[0019] Figure 2 is a schematic diagram illustrating the signal processing structure
and the signal flow of another exemplary speech leveling system (which performs another
exemplary speech leveling method). In the speech leveling system shown in Figure 2, a
speech detector block 201 may include transforming the input signal x(n) from the time
domain into the frequency domain, which may be performed by a time-frequency
transformation block 202. The spectral components of the input signal x(n) can be
obtained by a variety of ways, including band pass filtering and Fourier transformation.
In one approach, a Discrete Fourier Transform (DFT) or Fast Fourier Transform (FFT)
may be used to transform sequential blocks of N points of the input signal. A window
function, such as a Hanning window, may be applied, in which case an overlap of N/2
points can be used. The DFT can be used at each frequency bin in the input signal.
Alternatively, the FFT can be used over the whole frequency band occupied by the input

signal. The spectrum is stored for each frequency bin within the input signal band.

[0020] In the present example, time-frequency transformation block 202 applies an

FFT with optional windowing (not shown) to the input signal x(n) in the time domain to
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generate a signal X() in the frequency domain. The signal X(w) may be optionally

smoothed utilizing, ¢.g., a moving average filter of appropriate length.

[0021] The (optional) spectral smoothing may account for a plurality of frequency
bins, which reduces the spectral resolution. The output of the time-frequency
transformation block 202 is further smoothed by a multiplicity (M) of temporal smoothing
blocks 203 that are operatively connected downstream of the time-frequency
transformation block 202. The multiplicity of temporal smoothing blocks 203 combines
frequency bin values over time to reduce the temporal dynamics in the output signal of

time-frequency transformation block 202.

[0022] The multiplicity of temporal smoothing blocks 203 outputs temporal
smoothed signals that may still contain impulsive distortions as well as background noise.
A multiplicity (M) of noise estimation blocks 204 is operatively connected downstream
of the multiplicity of temporal smoothing blocks 203 to smear out impulsive distortions
such as speech in the outputs of the multiplicity of temporal smoothing blocks 203 and to
estimate the current background noise. In order to reduce or avoid smearing of a desired
signal such as music or voice signals, non-linear smoothing (not shown) may be employed

in the multiplicity of noise estimation blocks 204.

[0023] Based on the smoothed signals from the multiplicity of temporal smoothing
blocks 203 and the estimated quasi stationary background noise signals from the
multiplicity of noise estimation blocks 204, the variations in the SNR can be determined
(calculated), e.g., as frequency distribution of SNR values. Using variations in the SNR,
noise can be differentiated from a desired speech or music signal. For example, a low
SNR value may be linked to a variety of noise sources such as an air-conditioner, fan, an
open window, or an electrical device such as a computer etc. The SNR may be evaluated

in the time domain or in the frequency domain or in the sub-band domain.

[0024] In a multiplicity (M) of comparator blocks 206, output SNR values
determined by the multiplicity (M) of SNR determination blocks 205 are compared to a
pre-determined threshold, e.g., an SNR threshold VadSnrru. If the determined current
SNR values are greater than the pre-determined threshold VadSnrry, flags VadSnrFlag
will be set to a first logic value, e.g., ‘1’. Otherwise, the flags VadSnrFlag will be set to a
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second logic value, e.g., ‘0’. The flags from the multiplicity of comparator blocks 206 are
passed on to a summation block 207. The summation block 207 sums up the spectral flags
VadSnrFlag from the multiplicity of comparator blocks 206 and outputs a time varying
sum signal Syap(n). Further, an RMS determination block 211 may provide a mean signal
RMS(n) indicative of the (root mean square) mean of the input signal x(n). The sum signal
Svap(n) and the mean signal RMS(n) are passed to a comparator block 208 where the
sum signal Svap(n) is compared to a pre-determined sum threshold VADry, and the mean
signal RMS(n) is compared to a pre-determined threshold RMSrty. If the current value of
the sum signal Svap(n) is greater than the pre-determined sum threshold VADrtx, and the
mean signal RMS(n) is greater than the pre-determined threshold RMSty, a flag S'vap(n),
which can be considered an updated sum signal Svap(n), will be set to a first logic state,
e.g., ‘1’ (one). Otherwise the flag S'vap(n) will be set to another logical state, e.g., ‘0’
(zero). Instead of the RMS determination block 211, a maximum absolute peak
determination block (not shown) that is configured to determine a maximum absolute
peak value of the input signal x(n) may be used to subsequently compare the maximum

absolute peak value to a maximum absolute peak threshold.

[0025] The output signal of the comparator block 208, i.e., flag S'vap(n), is passed
to a voice activity detection (VAD) timer block 209 that detects whether flag S'van(n) is
‘0’ or not. At a time n, if the flag Svap(n) is ‘0’, the VAD timer block 209 sets a count
Tvap(n) to Tvap(n-1)-1, i.e., decrements the previous count Tvap(n-1) by one. If the flag
Svap(n) is not ‘0’, i.e., is ‘1°, the count Tvap(n) will be reset to an initialization value
VadTimerlnit. The output of the VAD timer block 209, i.c., count Tvap(n), is passed on
to a voice activity detection (VAD) block 210 where the count Tvap(n) is compared with
a pre-determined threshold, e.g., zero. If the current count Tyvap(n) is greater than the pre-

determined threshold (zero), a flag VAD(n) will be set to ‘1°, otherwise to 0.

[0026] Additionally or alternatively, in a multiplicity (M) of comparator blocks 212,
the SNR values determined by the multiplicity (M) of SNR determination blocks 205 are
compared with a pre-determined threshold, e.g., an SNR threshold SpdSnrru. If the
determined current SNR values are greater than the pre-determined threshold SpdSnrry,
flags SpdSnrFlag will be set to, e.g., ‘1°. Otherwise, the flags SpdSnrFlag will be set to
‘0’. The flags from the multiplicity of comparator blocks 212 are passed on to a
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summation block 213. The summation block 213 sums up the flags SpdSnrFlag from the
multiplicity of comparator blocks 212 and outputs a time varying sum signal Sspp(n). The
sum signal Sspp(n) and the mean signal RMS(n) from RMS determination block 211 are
passed to a comparator block 214 where the sum signal Sspp(n) is compared to a pre-
determined sum threshold SPDrH, and the mean signal RMS(n) is compared to a pre-
determined threshold RMStu. If the current value of the sum signal Sspp(n) is greater than
the pre-determined sum threshold SPDry, and the mean signal RMS(n) is greater than the
pre-determined threshold RMSty, a flag S'spp(n), which can be considered as updated
sum signal S'spp(n), will be set to, e.g., ‘1°. Otherwise the flag S'spp(n) will be set to ‘0°.

[0027] The output signal of the comparator block 214, i.e., flag S'spp(n), is passed to
a speech pause detection (SPD) timer block 215 that detects whether flag S'spp(n) is ‘0’
or not. At a time n, if the flag S'spp(n) is ‘0°, the SPD timer block 215 sets a count Tspp(n)
to Tsep(n-1)-1, i.e., decrements the previous count Tspp(n-1) by one. If the flag S'spp(n)
isnot ‘0’,1.e.,1s ‘1°, the count Tspp(n) will be reset to an initialization value SpdTimerlInit.
The output of the SPD timer block 215, i.e., count Tspp(n), is passed on to a speech pause
detection (SPD) block 216 where the count Tspp(n) is compared to a pre-determined
threshold, e.g., zero. If the current count Tspp(n) is smaller or equal than the pre-

determined threshold (zero), a flag SPD(n) will be set to ‘1°, otherwise to ‘0°.

[0028] If flag VAD(n) is ‘1’ at time n, voice activity is detected. If it is ‘0’, no speech
activity is detected. If flag SPD(n) is ‘1’ at a time n, a speech pause is detected. If it is ‘0’
no speech pause is detected. For example, initialization values VadTimerlnit as utilized
in VAD timer block 209 and SpdTimerlnit as utilized in SPD timer block 215 may be
different. SNR thresholds VadSnrry as utilized in comparator block 206 and SpdSnrry as
utilized in comparator block 212 may have different values, for example. Sum thresholds
VADrtn and SPDtx as utilized in comparator blocks 208 and 214 may be equal, for

example.

[0029] In the speech leveling system shown in Figure 2, a gain control block 217
includes a speech RMS level determination block 218 which receives the input signal
x(n), the flag VAD(n) and a previous sample of smoothed RMS signal SRMS(n-1), and
which outputs a signal Inrms(n). The signal Inrms(n) corresponds to the input signal x(n)

if the flag VAD(n) is ‘1°, and is set to the value of the previous sample of the smoothed



10

15

20

25

30

WO 2019/016199 PCT/EP2018/069374

RMS signal SRMS(n-1) otherwise. The signal Inrms(n) is subject to a subsequent RMS
determination (calculation) optionally utilizing the initial root mean square (RMS) value
RmslInit dB. The value out of the RMS determination is supplied to a smoothing block
219 which provides a smoothed RMS signal SRMS(n). The smoothed RMS signal
SRMS(n) is, on the one hand, delayed by one sample to generate the previous sample of
the smoothed RMS signal SRMS(n-1) which is fed back to the speech RMS level
determination block 218, and, on the other hand, is supplied to a gain determination block
220 where a gain control signal Gain(n) is generated according to the ratio between a

reference level RefLevel and the smoothed RMS signal SRMS(n).

[0030] In an optional gain limitation block 221, the gain control signal Gain(n) is
compared to a reference value MaxVadGain. As a consequence, if the gain control signal
Gain(n) is greater than the reference value MaxVadGain, the output signal of the gain
limitation block 221, limited gain control signal Gain'(n) which can be considered an
updated gain control signal Gain(n), is set to the reference voice activity value
MaxVadGain, and otherwise to the gain control signal Gain(n). In the present example,
the limited gain control signal Gain'(n) is supplied to an SPD gain limitation block 222
which further receives the flags VAD(n) and SPD(n) as well as a reference speech pause
value MaxSpdGain. If flag SPD(n) is ‘1’ and flag VAD(n) is ‘0’ at time n, a final gain
control signal Gain"(n), which can be considered as updated gain control signal Gain'(n),
is set to the reference speech pause value MaxSpdGain, and otherwise to the limited gain
control signal Gain'(n). Alternatively, block 222 may receive only the SPD flag. The final
gain control signal Gain"(n) may optionally be smoothed over time by way of a smoothing
filter block 226 before it controls a controllable gain block 223 which is supplied via an
optional delay block 242 with the input signal x(n) and which outputs via an optional peak
limiter 225 the limited output signal Out(n).

[0031] In the system shown in Figure 2, two different tuning sets are used for the
determination of the voice activity detection flag VAD(n) and the optional speech pause
detection flag SPD(n). However, both are based on the same spectral SNR values. As
already mentioned above, for the determination of the voice activity detection flag
VAD(n), a higher value for the SNR threshold VadSnrta may be used than for the SNR
threshold SpdSnry for the determination the speech pause detection flag SPD(n). This
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allows, on the one hand, to only set the voice activity detection flag VAD(n) if it is sure
that speech is present, hence the application of a high threshold, and, on the other hand,
to set the speech pause detection flag SPD(n) to '1' only if it is sure that a speech pause
occurs. This may be achieved by setting the respective SNR threshold to a lower value
such that even vague speech parts will result in a detected speech activity and, thus, avoid

an erroneous setting of the speech pause detection flag SPD(n).

[0032] Further, the numbers of spectral lines that exceed the given signal-to-noise
ratio thresholds VadSnrra and SpdSnrr are determined (counted) and these numbers are
compared to the thresholds VADrx for the voice activity detection part and SPDx for the
speech pause detection part. In parallel, also the RMS value of the input signal x(n), or a
signal corresponding to the input signal x(n) such as the output signal y(n) is calculated
per frame whose size may depend on the length of an involved FFT and a chosen overlap.
For example, the FFT length may be 512 taps, at a sampling frequency fs of 16 kHz and
the overlap may be set to 50 %, which leads to a frame size of 256 samples. This means
that after every block of samples (e.g., every 256th sample ) the RMS value of the input
signal x(n), or a signal corresponding to the input signal x(n) such as the output signal
y(n), is calculated from all block samples (e.g., 256 previous samples) and then compared
to the RMS threshold RMStu. Only if the current RMS value RMS(n) exceeds the
threshold RMSth, a positive decision of a previous stage that compares the numbers of
samples of spectral signal-to-noise ratios exceeding the thresholds VadSnrra and
SpdSnrry, will be accepted (or not). If the current RMS value RMS(n) does not exceed
the RMS threshold RMSty, neither a positive voice activity nor a positive speech pause

decision will be made and the current status will be maintained instead.

[0033] The RMS processing part serves to avoid erroneous settings of the detection
flags for voice activity detection and speech pause detection in occasions where the
signal-to-noise ratio is high but the level of the input signal is low. Since the signal-to-
noise ratio is a relative value it is possible that high signal-to-noise ratios will occur, even
if the level of the input signal is very low as, for example, in echo-only scenarios. In such
a case, the level of the residual echo can be very low but its signal-to-noise ratio can still
be high and as such could erroneously trigger the flag for voice activity detection VAD(n)

and the flag for speech pause detection SPD(n) if taken as sole decision-maker. To avoid

10
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this, additionally at least one other absolute value may be employed before a final decision
is made. One approach is to take the energy or the RMS value of the input signal x(n) or
output signal y(n) into consideration. For example, the signal-to-noise ratio will only be
considered if, e.g., the current RMS value exceeds a certain limit so that erroncous
settings of the flag for voice activity detection VAD(n) and the flag for speech pause
detection SPD(n) by very small input signals is avoided. In another approach, the
minimum noise threshold MinNoise is set to a much higher value. Thus, very small input
signals can be limited to this threshold and as a consequence the achievable signal-to-

noise ratios will decrease in case of very small input signals.

[0034] In order to avoid that the gain rises to undesired high values, the residual echo
may be amplified more or less to full scale and/or the gain may be limited to a maximum,
e.g., by way of the optional tuning parameter MaxVadGain. Thereby, different timer
values for voice activity detection and speech pause detection may be employed. Whereas
the timer for the voice activity detection may be set to an average length of a word, the
timer for the speech pause detection may be set to a higher value, to ensure that an
utterance is securely finished before the time varying speech pause detection flag SPD(n)
is set to ‘1°. In contrast, the time varying voice activity detection flag VAD(n) will be set

to ‘0’, if its initial timer value VadTimerlInit has expired.

[0035] If the time varying VAD flag is setto ‘1°, i.e. only in active speech sequences,
the RMS value or, alternatively, the maximum absolute peak value of the input signal x(n)
will be determined. Otherwise, the previous sample of the smoothed speech RMS value
SRMS(n-1) will be passed on to the smoothing filter. In order to avoid undesired transient
effects, RMS determination may optionally be initialized with a properly chosen
initialization value RmslInit dB. As a smoothing filter, for example, an Infinite Impulse
Response (IIR) low-pass filter with a relatively long smoothing time constant T, may be
used. The current gain value Gain(n) is determined (calculated) by taking the ratio of the
desired reference RMS value of the speech output signal, i.e., reference level RefLevel or
alternatively reference peak level RefPeakLevel, and the output signal of this smoothing

filter, i.e., SRMS(n), so that Gain(n) = RefLevel/SRMS(n).

[0036] Further, an optional limitation of the maximum of the gain value Gain(n) may

be applied, in order to avoid successive amplifications of very small input signals, as
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already described above. Still another limitation of the gain value may optionally be
applied, which may act as a level compensator in hands-free applications and which may
be controlled by the time varying voice activity detection flag VAD(n) and/or the time
varying speech pause detection flag SPD(n). Thereby the gain value Gain(n) will be
reduced to the given limit MaxSpdGain whenever a speech pause and no voice activity is
detected, e.g. whenever the speech pause detection flag SPD(n) assumes ‘1’ and the time
varying voice activity detection flag VAD(n) assumes ‘0’. For example, no gain or even

gain reduction will be applied to the input signal x(n), if SPD(n) = ‘1’ and VAD(n) = ‘0’.

[0037] The procedure outlined above, which can also be considered as "gating of the
gain value", allows, e.g., to fulfill the requirements for a Terminal Coupling Loss
weighted (TCLw) value in hands-free mode so that it is possible to meet the given
requirement for a TCLw value of e.g. > -52 dB, as the measurement of the TCLw value
requires that this value has to be reached between an input signal, which is taken by a
reference microphone in proximity to the microphones installed at the device and the final,
electrical output signal of the device, while the device is playing at a defined playback
volume, to reach a sound pressure level of L = -76 dBSPL(A) in a distance of d = 1 m
from speaker(s) of the device. In hands-free mode it is also specified to deliver a minimum
output speech RMS signal of about -24 dBFS, just as is the case in speech recognition
mode. Without the before mentioned gating functionality of the gain determination unit,

these somewhat contradicting requirements can be hardly fulfilled.

[0038] With the described system it is possible to securely sense speech pauses and
as such to apply the needed gating to the gain value Gain(n). A major challenge is to leave
this gating stage quick enough once speech (from the near end talker) is active again. If
this is not guaranteed, it may happen that the first parts of the on-setting speech may not
be amplified as desired and as such cannot be understood, neither by speech recognition
systems, nor by a human listener (far-end talker). One way to avoid this is to use a quickly
reacting voice activity detection and/or speech pause detection. This can be realized by
using a non-smoothed, instantancous RMS value which will be compared to the given
threshold as part of the decision. If this is not sufficient, the input signal can optionally
be delayed by one or several frames, before the current gain Gain(n) is applied to it. This

can be done as long as the maximally given latency is not exceeded.
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[0039] Figure 3 is a flow chart illustrating an exemplary speech leveling method.
The method includes a procedure 301 in which an output signal is generated by applying
a frequency-dependent or frequency-independent controllable gain to an input signal, the
gain being dependent on a gain control signal. In a procedure 302, at least one speech
detection signal indicative of voice components contained in the input signal is generated.
The method further includes a procedure 303 in which the gain control signal is generated
based on the input signal and the at least one speech detection signal and the controllable-
gain block is controlled to amplify or attenuate the input signal to have a predetermined
mean signal level as long as no voice components are detected in the input signal, e.g., to
block the input signal so that no output signal is provided as long as no voice components

are detected in the input signal.

[0040] Figure 4 is a simplified schematic diagram illustrating a signal processing
structure and signal flow of another exemplary speech leveling system. The system shown
in Figure 4 includes a controllable-gain block 401 (e.g., a controllable amplifier,
controllable attenuator, controllable filter, multiplier, etc.) that receives, as an input signal,
an output signal OutTfe(n) sent to a far end and provides an output signal Out (n). The
output signal Out (n) is here the output signal OutTfe(n) to which a frequency-dependent
or frequency-independent controllable gain G has been applied. The controllable-gain
block 401, i.e., its gain G, is controlled by way of a gain control signal g(n). The output
signal OutTfe(n) is also supplied to a speech detecting block 402 that generates at least
one speech detection signal indicative of voice components contained in the output signal
OutTfe(n). In the example system shown, two speech detection signals, a first voice
activity detection signal VadTfe(n), e.g., a first VAD flag, and a second voice activity
detection signal VadFfe(n), e.g., a second VAD flag, are provided whose generation and

characteristics are detailed further below.

[0041] The output signal OutTfe(n) is also supplied to a gain control block 403 which
additionally receives the speech detection signals and generates the gain control signal
g(n) based on the output signal OutTfe(n) and the speech detection signal(s), the first
voice activity detection signal VadTfe(n) and the second voice activity detection signal
VadFfe(n). The gain control block 403 controls the controllable-gain block 401 so that

the output signal OutTfe(n) is, amplified or attenuated to have a predetermined mean or
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maximum or absolute peak signal level as long as no voice components are detected in
the output signal OutTfe(n). For example, the output signal OutTfe(n) may be blocked,
1.e., the output signal Out(n) is (almost) zero, as long as no voice components are detected

in the output signal OutTfe(n).

[0042] The speech leveling system shown in Figure 4 may further include an optional
delay block 404 that delays by a certain time (e.g., a certain number of frames or samples)
the input signal x(n) before it is supplied to the controllable-gain block 401 such that the
input signal x(n) supplied to the controllable-gain block 401 is delayed with respect to the
input signal x(n) as it is supplied to the speech detecting block 402 and the gain control
block 403. Situations in which the delay block 404 may be utilized are outlined further

below.

[0043] The speech detecting block 402 is further connected to receive, e.g., from a
register or memory (both not shown), an SNR threshold VadTfeSnrru, a threshold
VadTfern, and, a timer value VadTfeTimer, for the first voice activity detection based on
the output signal OutTfe(n), and an SNR threshold VadFfeSnrry, a threshold VadFfers,
and, a timer value VadFfeTimer, for the second voice activity detection based on an input
signal InFfe(n) from the far end. For that reason, the input signal InFfe(n) is supplied to
speech detecting block 402. Further, at least one of a minimum noise threshold MinNoise,
an initial root mean square (RMS) value RmsInit_dB, and a root mean square threshold

RMStH, may be provided to the speech detecting block 402.

[0044] The gain control block 403 may further receive, e.g., from a register or
memory (both not shown), an optional smoothing time parameter Tsmoom, at least one of a
maximum gain tuning parameter MaxGain and maximum levelling gain tuning parameter
MaxLevelerGain, and a reference level RefLevel or a reference peak level RefPeakLevel.
Optionally, a (peak) limiter block 405 may operatively be connected downstream of the
controllable-gain block 401 to receive the output signal Out(n) and to provide a limited
output signal Outi(n). The (peak) limiter block 405 may further receive signals
representing a predetermined limiter gain LimGain, a limiter threshold LimTh, an attack

time AttackT, and a release time ReleaseT.
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[0045] Figure 5 (5A, 5B) is a detailed schematic diagram illustrating an exemplary
implementation of the speech leveling system shown in Figure 4. In the speech leveling
system as partially shown in Figure 5A, a voice activity detector block 501 may be
configured to transform by way of a time-frequency transformation block 502y the input
signal in the time domain, which is the output signal OutTfe(n), into a signal in the
frequency domain, e.g., a group of discrete spectral components Y(w). The spectral
components Y(®) of the output signal OutTfe(n) can be obtained by a variety of ways,
including band pass filtering and Fourier transformation. In one approach, a Discrete
Fourier Transform (DFT) or Fast Fourier Transform (FFT) may be used to transform
sequential blocks of N points of the input signal. A window function, such as a Hanning
window, may be applied, in which case an overlap of a multiplicity of, e.g., N/2 points
can be used. The DFT can be used at each frequency bin in the input signal. Alternatively,
the FFT can be used over the whole frequency band occupied by the input signal. The
spectrum is stored for each frequency bin within the signal band of the output signal
Out(n). Similarly, a time-frequency transformation block 502x applies an FFT with
optional windowing (not shown) also to the input signal InFfe(n) in the time domain, after
being delayed by delay block 500, in order to generate therefrom a signal in the frequency
domain, e.g., a group of spectral components X(w). The spectral components X(w) and

Y (w) are herein also referred to just as signals X(w) and Y(w.

[0046] The signals X(w) may be each optionally smoothed by a group of (e.g., (N/2)
temporal smoothing blocks 503y and the signals Y(®) may be each optionally smoothed
by a group of (e.g., (N/2) temporal smoothing blocks 503x, each block utilizing, e.g., a
moving average filter of appropriate length. An (optional) spectral smoothing may
account for a plurality of frequency bins, which reduces the spectral resolution. The
temporal smoothing blocks 503y and 503x are operatively connected downstream of the
time-frequency transformation blocks 502y and 502x, respectively. The groups of
temporal smoothing blocks 503y and 503x combine frequency bin values over time for
cach of signals Y(w) and X(w), respectively, to reduce the temporal dynamics in the

output signal of the time-frequency transformation blocks 502y and 502x.

[0047] The groups of temporal smoothing blocks 503y and 503x output temporal

smoothed signals that may still contain impulsive distortions as well as background noise.
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Each of the (e.g., N/2) noise estimation blocks 504y and (e.g., N/2) noise estimation
blocks 504x is operatively connected downstream of a corresponding one of the
multiplicity of temporal smoothing blocks 503y and 503x to smear out impulsive
distortions such as speech in the outputs of the temporal smoothing blocks 503y and 503x,
and to provide groups of smoothed signals Sy i(n) .. Sy n2(n) and smoothed signals
Sx 1(n) .. Sx n2(n) that form basis for estimating the respective current background noise.
The group of smoothed signals Sy 1(n) .. Sy n2(n) relates to the signals Y(w) and the other
group of smoothed signals Sx 1(n) .. Sx n2(n) relates to the signals X(w). In order to
reduce or avoid smearing of a desired signal such as music or voice signals, non-linear
smoothing (not shown) may be employed in the multiplicity of noise estimation blocks
504y and 504x. A group of background noise estimates Ny 1(n) .. Ny x»2(n) is determined
by one group of the noise estimation blocks 504y and a group of background noise
estimates Nx 1(n) .. Nx n2(n) is determined by the other group of noise estimation blocks

504x.

[0048] In a multiplicity of comparator blocks 506y, the one group of smoothed
signals Sy 1(n) .. Sy no(n) is compared to a pre-determined threshold, e.g., an SNR
threshold VadySnrra, multiplied with the group of background noise estimates Ny 1(n) ..
Ny n2(n), and the other group of smoothed signals Sx 1(n) .. Sx n2(n) is compared to
another pre-determined threshold, e.g., an SNR threshold VadxSnru, multiplied with the
group of background noise estimates Nx 1(n) .. Nx ~2(n). The group of smoothed signals
Sy 1(n) .. Sy n2(n) and the group of background noise estimates Ny 1(n) .. Ny no(n)relate
to the signals Y(w), and the other group of smoothed signals Sx 1(n) .. Sx n2(n) and the
other group of background noise estimates Nx 1(n) .. Nx n2(n) relate to the signals X(o).
If current SNR values determined from smoothed signals Sy 1(n) .. Sy n2(n) and Sx 1(n) ..
Sx ~no(n) and background noise estimates Nx 1(n) .. Nx n2(n) are each greater than
corresponding pre-determined thresholds VadySnrra and VadxSnrrm, respectively,
corresponding flags VadySnrFlag and VadxSnrFlag, will be set to a first logic value, e.g.,
‘1°. Otherwise, the flags VadySnrFlag and VadxSnrFlag will be set to a second logic
value, e.g., ‘0’. The flags from each group of the multiplicity of comparator blocks 506
are passed on to a corresponding group summation block 507y and 507x, respectively.
The summation block 507y sums up the spectral flags VadySnrFlag from the multiplicity

of comparator blocks 506y and outputs a time varying sum signal Yvap(n). The
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summation block 507x sums up the spectral flags VadxSnrFlag from the multiplicity of

comparator blocks 506x and outputs a time varying sum signal Xvap(n).

[0049] The sum signals Yvap(n) and Xvap(n) are passed on to comparator blocks
508y and 508x where the sum signal Yvap(n) is compared to a pre-determined sum
threshold VADy tr and the sum signal Xvap(n) is compared to a pre-determined sum
threshold VADx Tu. If the current value of the sum signal Yvap(n) is greater than the pre-
determined sum threshold VADy tu, a flag VAD_Y(n), which can be considered an
updated sum signal Yvan(n), will be set to a first logic state, e.g., ‘1’ (one). Otherwise the
flag VAD Y(n) will be set to another logical state, e.g., ‘0’ (zero). If the current value of
the sum signal Xvap(n) is greater than the pre-determined sum threshold VADx 1w, a flag
VAD_X(n), which can be considered an updated sum signal Xvap(n), will be set to a first
logic state, e.g., ‘1’ (one). Otherwise the flag VAD_ X(n) will be set to another logical

state, e.g., ‘0’ (zero).

[0050] Output signals of comparator blocks 508y and 508x, i.c., flags VAD Y(n)
and VAD_X(n), are passed on to voice activity/pause detection (VAD/SPD) timer blocks
509y and 509x that detect whether flags VAD Y(n) and VAD_X(n) are ‘0’ or not. At a
time n, if the flag VAD Y(n) is ‘0’, the VAD timer block 509y sets a count Tvap v(n) to
Tvap v(n-1)-1, i.e., decrements the previous count Tvap v(n-1) by one. If not, the count
Tvap v(n) will be reset to an initialization value VadyTimerlnit. The output of the VAD
timer block 209y, i.e., count Tvap v(n), is passed on to a voice activity detection (VAD)
block 210y where the count Tvap v(n) is compared with a pre-determined threshold, e.g.,
zero. If the current count Tvap v(n) is greater than the pre-determined threshold (zero), a
flag VADy(n) will be set to “1°, otherwise to ‘0’. Similarly, if the flag VAD X(n) is ‘0’,
the VAD timer block 509x sets a count Tvap x(n) to Tvap x(n-1)-1, i.e., decrements the
previous count Tvap x(n-1) by one. If not, the count Tvap x(n) will be reset to an
initialization value VadxTimerInit. The output of the VAD timer block 209x, i.¢., count
Tvap x(n), is passed on to a voice activity detection (VAD) block 210x where the count
Tvap x(n) is compared with a pre-determined threshold, e.g., zero. If the current count
Tvap x(n) is greater than the pre-determined threshold (zero), a flag VADx(n) will be set

to ‘1°, otherwise to ‘0’.VADx(n) = 1 means here that a near end talker is active. VADx(n)

17



10

15

20

25

30

WO 2019/016199 PCT/EP2018/069374

= 0 means that the near end talker is not active. VADy(n) = 1 means here that a far end

talker is active. VADy(n) = 0 means that the far end talker is not active.

[0051] In the speech leveling system as partially shown in Figure 5B, a gain control
block 517 includes a speech root-mean-square (RMS) level determination block 518
which receives the output signal OutTfe(n), the flag VAD_Y(n), the flag VAD_X(n) and
a previous sample of the smoothed RMS signal SRMS(n-1). The speech RMS level
determination block 518 outputs a signal Inrms(n). The signal Inrms(n) is equal to the
output signal OutTfe(n) if the flag VAD X(n) is '0' and the flag VAD Y(n)is ‘1°, and is
set to the value of the a previous sample of the smoothed RMS signal SRMS(n-1)
otherwise. The signal Inrms(n) is subject to a subsequent maximum absolute value
(MaxAbs) determination (calculation) optionally utilizing the initial root mean square
(RMS) value RmslInit_dB. The value out of the MaxAbs determination is supplied to a
smoothing block 519 which provides the smoothed RMS signal SRMS(n). The smoothed
RMS signal SRMS(n) is, on the one hand, delayed by one sample to generate the previous
sample of the smoothed RMS signal SRMS(n-1) which is fed back to the speech RMS
level determination block 518, and, on the other hand, is supplied to a gain determination
block 520 where a gain control signal Gain(n) is generated according to the ratio between

a reference level RefLevel and the smoothed RMS signal SRMS(n).

[0052] In an optional gain limitation block 521, the gain control signal Gain(n) is
compared to a reference value MaxVadGain. As a consequence, if the gain control signal
Gain(n) is greater than the reference value MaxVadGain, the output signal of the gain
limitation block 521, which is a limited gain control signal Gain'(n) and which can be
considered an updated gain control signal Gain(n), is set to the reference voice activity
value MaxVadGain, and otherwise to the gain control signal Gain(n). In the present
example, the limited gain control signal Gain'(n) is supplied to a speech pause detection
(SPD) gain limitation block 522 which further receives the flags VADy(n) and VADx(n)
as well as a reference speech pause value MaxGain. If flag VADx(n) is ‘0’ and flag
VADy(n) is ‘1’ at time n, a final gain control signal Gain"(n), which can be considered
as updated gain control signal Gain'(n), is set to the reference value MaxGain, and
otherwise to the limited gain control signal Gain'(n). The final gain control signal Gain"(n)

may optionally be smoothed over time by way of a smoothing filter block (not shown)
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before it controls a controllable gain block 523. Gain block 523 is supplied via an optional
delay block 524 with the input signal OutTfe(n) and which outputs the output signal Out(n)
which may be processed by an optional peak limiter 225 to provide the limited output

signal Outr(n).

[0053] In the system shown in Figure 5, two identical or different tuning sets may be
used for the determination of the voice activity detection flags VADy(n) and VADx(n).
However, both are based on spectral SNR values. For example, for the determination of
the voice activity detection flag VADy(n), a higher value for the SNR threshold
VadySnrra may be used than for the SNR threshold VadxSnrru for the determination the
voice activity detection flag VADx(n). This allows, on the one hand, to only set the voice
activity detection flag VADy(n) accordingly if it is sure that speech is present at the far
end, hence the application of a high threshold, and, on the other hand, to set the voice
activity detection flag VADx(n) accordingly only if there is no speech. This may be
achieved by setting the respective SNR threshold to a lower value such that even vague
speech parts will result in a detected speech activity and, thus, avoid an erroneous setting
of the voice activity detection flag VADx(n). Further, the numbers of spectral components
(lines) that exceed the given signal-to-noise ratio thresholds VadySnrty and VadxSnrry
are determined (flags counted or added) and the consequential numbers Yvap(n) and
Xvap(n) are compared to thresholds VADy tn and VADy u, respectively. The
consequential time varying voice activity detection flag VAD Y (n) will be set to ‘0°, if
its initial timer value VadyTimerlnit has expired, and the consequential time varying
voice activity detection flag VAD X(n) will be set to ‘0°, if its initial timer value

VadxTimerlnit has expired.

[0054] If the time varying VAD flag VAD Y(n) is ‘1’, i.e. only in active speech
sequences at the far end, and VAD X(n) is "0", i.c. only in speech pause sequences at the
near end, the RMS value or, alternatively, the maximum absolute peak value of the output
signal OutTfe(n) will be determined. Otherwise, the previous sample of the smoothed
speech RMS value SRMS(n-1) will be passed on to the smoothing filter 519. In order to
avoid undesired transient effects, RMS determination may optionally be initialized with
a properly chosen initialization value RmsInit dB. As a smoothing filter, for example, an

Infinite Impulse Response (IIR) low-pass filter with a relatively long smoothing time
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constant 7, may be used. The current gain value Gain(n) is determined (calculated) by
taking the ratio of the desired reference RMS value of the speech output signal, i.c.,
reference level RefLevel or alternatively reference peak level RefPeakLevel, and the

output signal of this smoothing filter, i.e., SRMS(n), so that Gain(n) = RefLevel/SRMS(n).

[0055] Further, an optional limitation of the maximum of the gain value Gain(n) to
a value MaxVadGain may be applied, in order to avoid successive amplifications of very
small input signals, as already described above. Thus, a gain value Gain'(n) = Gain(n) if
Gain(n) < GainVadMax and Gain'(n) = MaxVadGain otherwise. Still another limitation
of the gain value may optionally be applied, which may act as a level compensator in,
e.g., hands-free applications and which may be controlled by the time varying voice
activity detection flags VADy(n) and/or VADx(n). Thereby the gain value Gain'(n) will
be reduced to the given limit MaxGain if the voice activity detection flag VADx(n)
assumes ‘0’ and the voice activity detection flag VADy(n) assumes ‘1’°. Otherwise

Gain"(n) = Gain'(n).

[0056] With the described system it is possible to securely sense speech pauses and
as such to apply the needed gating to the gain value Gain(n). A major challenge is to leave
this gating stage quick enough once speech (from the near end talker) is active again. If
this is not guaranteed, it may happen that the first parts of the on-setting speech may not
be amplified as desired and as such cannot be understood, neither by speech recognition
systems, nor by human listeners (far-end talker). One way to avoid this is to use a quickly
reacting voice activity detection and/or speech pause detection. This may be realized by
using a non-smoothed, instantancous RMS value which will be compared to the given
threshold as part of the decision. If this is not sufficient, the input signal can optionally

be delayed by one or several frames, before the current gain G is applied to it.

[0057] Referring now to Figure 6, which is the system shown in and described in
connection with Figure 5 with some modifications. As can be seen particularly from
Figure 6A, based on the smoothed signals from the multiplicity of temporal smoothing
blocks 503y and 503x, and the estimated quasi stationary background noise signals from
the multiplicity of noise estimation blocks 504y and 504x, the variations in the SNR can
be determined (calculated), e.g., as frequency distribution of SNR values in corresponding

subsequent SNR calculation blocks 601y and 601x. Using variations in the SNR, noise

20



10

15

20

25

30

WO 2019/016199 PCT/EP2018/069374

can be differentiated from a desired speech or music signal. For example, a low SNR
value may be linked to a variety of noise sources such as an air-conditioner, fan, an open
window, or an electrical device such as a computer etc. The SNR may be evaluated in the
time domain or in the frequency domain or in the sub-band domain. In groups of
comparator blocks 602y and 602x that substitute blocks 506y and 506x shown in Figure
5, output SNR values determined by the groups of SNR determination blocks 601y and
601x are compared to a pre-determined threshold, e.g., SNR thresholds VadSnrry and
SNR threshold SpdSnrru, respectively.

[0058] If the determined current SNR values provided by blocks 601y are greater
than the pre-determined threshold VadSnrry, flags VadSnrFlag will be set to a first logic
value, e.g., ‘1°. Otherwise, the flags VadSnrFlag will be set to a second logic value, e.g.,
‘0’. The flags from the multiplicity of comparator blocks 602y are passed on to
summation block 507y. The summation block 507y sums up the spectral flags
VadSnrFlag from the multiplicity of comparator blocks 602y and outputs a time varying
sum signal Syap(n). The sum signal Syap(n) is passed to comparator block 508y where
the sum signal Svap(n) is compared to a pre-determined sum threshold VADry. If the
current value of the sum signal Svap(n) is greater than the pre-determined sum threshold
VADrH, a flag S'vap(n), which can be considered an updated sum signal Syap(n), will be
set to a first logic state, e.g., ‘1’. Otherwise the flag S'van(n) will be set to another logical
state, ¢.g., ‘0’. The blocks 509y and 510y are operated as shown in Figure 5 with
VadyTimerlInit = VadTimerlnit, VAD Y (n) = Svap(n), Tvapy = Tvap and VADy(n) =
VAD(n).

[0059] If the determined current SNR values provided by blocks 601x are greater
than the pre-determined threshold SpdSnrry, flags SpdSnrFlag will be set to a first logic
value, e.g., ‘1°. Otherwise, the flags SpdSnrFlag will be set to a second logic value, e.g.,
‘0’. The flags from the multiplicity of comparator blocks 602x are passed on to
summation block 507x. The summation block 507x sums up the spectral flags SpdSnrFlag
from the multiplicity of comparator blocks 602x and outputs a time varying sum signal
Sspp(n). The sum signal Sspp(n) is passed to comparator block 508x where the sum signal
Sspp(n) is compared to a pre-determined sum threshold SPDn. If the current value of the

sum signal Sspp(n) is greater than the pre-determined sum threshold SPD, a flag S'spp(n),
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which can be considered an updated sum signal Sspp(n), will be set to a first logic state,
e.g., ‘1’ (one). Otherwise the flag S'spp(n) will be set to another logical state, e.g., 0’
(zero). The blocks 509x and 510x are operated as shown in Figure 5 with VadxTimerlInit

= SpdTimerInit, VAD_X(n) = Sspp(n), Tvapx = Tspp and VADx(n) = SPD(n).

[0060] Referring particularly to Figure 6B, block 518 shown in Figure 5 may be
modified to substitute block 518 by a block 603 in which the flag VAD(n) is compared
with 1, and if it is equal to 1, InRMS(n) is set to OutTfe(n). Otherwise INnRMS(n) is set to
SRMS(n-1). As for the rest blocks 518 and 603 are identical. Blocks 519 - 525 are
connected downstream of block 603 in the manner shown in Figure 5 in connection with

block 518, wherein VADx(n) = SPD(n) and VADy(n) = VAD(n).

[0061] Figure 7 illustrates the system shown in and described in connection with
Figure 6 with some modifications, wherein separate frequency signal channels are
displayed as one multi-signal channel connection depicted as a bold line. As can be seen
particularly from Figure 7A, a delay block 700 providing a temporal signal delay has been
added upstream of the time-frequency transformation block 502y while delay block 500
shown in Figure 5 is omitted. Further, a multi-channel signal path 701 has been added
extending from the outputs of SNR calculation blocks 601x to a multiplier block 702. The
multi-channel signal path 701 includes a multi-channel divider block 703 that receives
the signal-to-noise ratios SNRrre(W) per frequency of the signal received from the far end
InFfe(n) and divides these signal-to-noise ratios SNRrre(w) by an SNR threshold
SNRrreTH to provide a multi-channel masking signal Maskrre(w). These masking signals
Maskrre(w) are compared to 1 in a multi-channel comparison block 704 which sets
masking signals Maskrre'(w) to 1 if respective masking signals Maskrrs(Ww) are greater
than 1 and otherwise to the respective masking signals Maskrre(w). The masking signals
Maskrre'(w) is then increased by 1 in a multi-channel adder block 505 to provide a multi-
channel masking signal Maskrre"(W). The multi-channel masking signal Maskrre"(Ww) 18
compared to a minimum masking threshold MinMaskrrg in a multi-channel comparator
block 706 which outputs a multi-channel masking signal Maskgre"'(w). The multi-channel

masking signal Maskrre"'(w), which is supplied to the multi-channel multiplier block 702,

is per frequency a fixed value MindSpdMask if the multi-channel masking signal
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Maskrre"(w) the respektive masking signal Maskrre"(w) 18 greater than a minimum

masking threshold MinMaskrrr, or otherwise the masking signal Maskrrs"(W).

[0062] Further, a multi-channel comfort noise generation (e.g., calculation) block
707 has been added to the system. Multi-channel comfort noise generation (e.g.,
calculation) block 707 receives a multi-channel estimated noise signal Noiserre(w) from
the noise estimation blocks 504y and the flags VAD(n) from block 510y. Further, comfort
noise generation block 707 receives a minimum noise threshold MINcr, a maximum noise
threshold MAXcr and scaling factor Scalecr. The comfort noise generation block 707
generates a noise signal that is added to the output signal Out, e.g., by an adder block 708
inserted between controllable gain block 523 and optional limiter block 525. Comfort
noise generation block 707 generates a more pleasant or natural noise to be presented to

a listener.

[0063] The description of embodiments has been presented for purposes of
illustration and description. Suitable modifications and variations to the embodiments
may be performed in light of the above description or may be acquired from practicing
the methods. For example, unless otherwise noted, one or more of the described methods
may be performed by a suitable device and/or combination of devices. The described
methods and associated actions may also be performed in various orders in addition to
the order described in this application, in parallel, and/or simultaneously. The described
systems are exemplary in nature, and may include additional elements and/or omit

elements.

[0064] As used in this application, an element or step recited in the singular and
proceeded with the word “a” or “an” should be understood as not excluding plural of said
clements or steps, unless such exclusion is stated. Furthermore, references to “one
embodiment” or “one example” of the present disclosure are not intended to be interpreted
as excluding the existence of additional embodiments that also incorporate the recited
features. The terms “first,” “second,” and “third,” etc. are used merely as labels, and are

not intended to impose numerical requirements or a particular positional order on their

objects.
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[0065] The embodiments of the present disclosure generally provide for a plurality
of circuits, electrical devices, and/or at least one controller. All references to the circuits,
the at least one controller, and other electrical devices and the functionality provided by
each, are not intended to be limited to encompassing only what is illustrated and described
herein. While particular labels may be assigned to the various circuit(s), controller(s) and
other electrical devices disclosed, such labels are not intended to limit the scope of
operation for the various circuit(s), controller(s) and other electrical devices. Such
circuit(s), controller(s) and other electrical devices may be combined with each other
and/or separated in any manner based on the particular type of electrical implementation

that is desired.

[0066] It is recognized that any controller or signal processor may include any
number of microprocessors, integrated circuits, memory devices (e.g., FLASH, random
access memory (RAM), read only memory (ROM), electrically programmable read only
memory (EPROM), electrically erasable programmable read only memory (EEPROM),
or other suitable variants thereof) and software which co-act with one another to perform
operation(s) disclosed herein. In addition, any controller or signal processor utilizes any
one or more microprocessors to execute a computer-program that is embodied in a non-
transitory computer readable medium that is programmed to perform any number of the
functions as disclosed. Further, any controller as provided herein includes a housing and
the various number of microprocessors, integrated circuits, and memory devices ((e.g.,
FLASH, random access memory (RAM), read only memory (ROM), clectrically
programmable read only memory (EPROM), electrically erasable programmable read
only memory (EEPROM)) positioned within the housing. The controller(s) as disclosed
also include hardware based inputs and outputs for receiving and transmitting data,

respectively from and to other hardware based devices as discussed herein.

[0067] While various embodiments of the invention have been described, it will be
apparent to those of ordinary skilled in the art that many more embodiments and
implementations are possible within the scope of the invention. In particular, the skilled
person will recognize the interchangeability of various features from different
embodiments. Although these techniques and systems have been disclosed in the context

of certain embodiments and examples, it will be understood that these techniques and
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systems may be extended beyond the specifically disclosed embodiments to other

embodiments and/or uses and obvious modifications thereof.
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CLAIMS:

1. A speech signal leveling system comprising:

a controllable-gain block configured to receive an input signal and to generate an
output signal by applying a frequency-dependent or frequency-independent controllable
gain to the input signal, the gain being dependent on a gain control signal;

a speech detecting block configured to receive the input signal and to generate at
least one speech detection signal indicative of voice components contained in the input
signal; and

a gain control block operatively coupled with the controllable-gain block and the
speech detecting block, the gain control block configured to receive the input signal and
the at least one speech detection signal, and to generate the gain control signal based on
the input signal and the at least one speech detection signal; wherein the gain control
block is further configured to control the controllable-gain block to amplify or attenuate
the input signal to have a predetermined mean or maximum or absolute peak signal

level as long as voice components are detected in the input signal.

2. The system of claim 1, wherein

the speech detecting block is further configured to generate at least one of a
voice activity detection signal indicative of voice components contained in the input
signal and a speech pause detection signal indicative of speech pauses occurring in the
input signal; and

the gain control block is further configured to generate the gain control signal
based on at least one of the voice activity detection signal and the speech pause

detection signal.

3. The system of claim 2, wherein the speech detecting block is further configured to:
determine from the input signal at least two signal-to-noise ratios for at least two
frequency bands of the input signal;
compare the at least two signal-to-noise ratios to a signal-to-noise ratio threshold
for voice activity detection and to a signal-to-noise ratio threshold for speech pause

detection;

26



WO 2019/016199 PCT/EP2018/069374

provide first signals indicative of whether the at least two signal-to-noise ratios
are greater than the signal-to-noise ratio threshold for voice activity detection, and
second signals indicative of whether the at least one signal-to-noise ratio is greater than
the signal-to-noise ratio threshold for speech pause detection; and

sum up the first signals to provide a first sum signal and to sum up the second
signals to provide a second sum signal; wherein

the signal-to-noise ratio threshold for voice activity detection is greater than the

signal-to-noise ratio threshold for speech pause detection.

4. The system of claim 3, wherein the speech detecting block is further configured to:

determine a root mean square value or a maximum absolute peak value of the
input signal;

compare the root mean square value of the input signal to a root mean square
threshold or the maximum absolute peak value to a maximum absolute peak threshold;
and

compare at least one of the first sum signal to a voice activity detection threshold
and the second sum signal to speech pause detection threshold; wherein the speech
detecting block is further configured to at least one of:

provide an updated first sum signal which represents a first logical state if the
first sum signal exceeds the voice activity detection threshold and the root mean square
value exceeds the root mean square threshold or the maximum absolute peak value
exceeds the maximum absolute peak threshold, and provide an updated first sum signal
which represents a second logical state otherwise; and

provide an updated second sum signal which represents a first logical state if the
second sum signal exceeds the speech pause detection threshold and the root mean
square value exceeds the root mean square threshold or the maximum absolute peak
value exceeds the maximum absolute peak threshold, and provide an updated second

sum signal which represents a second logical state otherwise.
5. The system of claim 1 or 2, wherein the gain control block is further configured to:

determine a mean signal indicative of a root mean square of the input signal,

smooth the mean signal with a filter to provide a smoothed mean signal; and take the
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ratio between a reference mean level and the smoothed mean signal to provide the gain
control signal; or

determine a maximum absolute peak signal indicative of a maximum absolute
peak value of the input signal, smooth the maximum absolute peak signal with a filter to
provide a smoothed maximum absolute peak signal; and take the ratio between a
reference maximum absolute peak level and the smoothed maximum absolute peak

signal to provide the gain control signal.

6. The system of any of claims 1 to 5, wherein the gain control block is further
configured to at least one of:

control the gain of the controllable-gain block to be at or below a predetermined
first gain threshold; and

control the gain of the controllable-gain block to be at or below a second gain
threshold that is dependent on the at least one speech detection signal; and

control the gain of the controllable-gain block to block the input signal so that no

output signal is provided as long as no voice components are detected in the input

signal.

7. The system of any of claims 1 to 6, wherein the system is configured so that a time
for transferring the input signal to the controllable-gain block is equal to a time for
processing the gain control signal from the input signal in the speech detecting block

and the gain control block.

8. A speech signal leveling method comprising:

generating an output signal by applying a frequency-dependent or frequency-
independent, controllable gain to an input signal, the gain being dependent on a gain
control signal;

generating at least one speech detection signal indicative of voice components
contained in the input signal; and

generating the gain control signal based on the input signal and the at least one
speech detection signal, controlling the controllable-gain block to amplify or attenuate
the input signal to have a predetermined mean or maximum or absolute peak signal

level as long as voice components are detected in the input signal.
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9. The method of claim 8, further comprising

generating at least one of a voice activity detection signal indicative of voice
components contained in the input signal and a speech pause detection signal indicative
of speech pauses occurring in the input signal; and

generating the gain control signal based on the voice activity detection signal

and the speech pause detection signal.

10. The method of claim 9, wherein generating at least one speech detection signal
indicative of voice components contained in the input signal comprises:

determining from the input signal at least two signal-to-noise ratios for at least
two frequency bands of the input signal;

comparing the at least two signal-to-noise ratios to a signal-to-noise ratio
threshold for voice activity detection and to a signal-to-noise ratio threshold for speech
pause detection;

providing first signals indicative of whether the at least two signal-to-noise ratios
are greater than the signal-to-noise ratio threshold for voice activity detection, and
second signals indicative of whether the at least one signal-to-noise ratio is greater than
the signal-to-noise ratio threshold for speech pause detection; and

summing up the first signals to provide a first sum signal and to sum up the
second signals to provide a second sum signal; wherein

the signal-to-noise ratio threshold for voice activity detection is greater than the

signal-to-noise ratio threshold for speech pause detection.

11. The method of claim 10, generating at least one speech detection signal indicative of
voice components contained in the input signal further comprises:

determining a root mean square value or a maximum absolute peak value of the
input signal;

comparing the root mean square value of the input signal to a root mean square

threshold or the maximum absolute peak value to a maximum absolute peak threshold;
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comparing at least one of the first sum signal to a voice activity detection
threshold and the second sum signal to speech pause detection threshold; wherein
generating at least one speech detection signal further comprises at least one of:

providing an updated first sum signal which represents a first logical state if the
first sum signal exceeds the voice activity detection threshold and the root mean square
value exceeds the root mean square threshold or the maximum absolute peak value
exceeds the maximum absolute peak threshold, and providing an updated first sum
signal which represents a second logical state otherwise; and

providing an updated second sum signal which represents a first logical state if
the second sum signal exceeds the speech pause detection threshold and the root mean
square value exceeds the root mean square threshold or the maximum absolute peak
value exceeds the maximum absolute peak threshold, and providing an updated second

sum signal which represents a second logical state otherwise.

12. The method of any of claims 8or 9, wherein generating the gain control signal
further comprises:

determining a mean signal indicative of the root mean square of the input signal;
smoothing the mean signal with a filter to provide a smoothed mean signal; and taking
the ratio between a reference mean level and the smoothed mean signal to provide the
gain control signal, or

determining a maximum absolute peak signal indicative of a maximum absolute
peak value of the input signal, smoothing the maximum absolute peak signal with a
filter to provide a smoothed maximum absolute peak signal; and taking the ratio
between a reference maximum absolute peak level and the smoothed maximum absolute

peak signal to provide the gain control signal.

13. The method of any of claims 8 to 12, wherein generating the gain control signal
comprises at least one of:

controlling the gain of the controllable-gain block to be at or below a
predetermined first gain threshold;

controlling the gain of the controllable-gain block o be at or below a second gain

threshold that is dependent on the at least one speech detection signal; and
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controlling the gain of the controllable-gain block to block the input signal so
that no-output signal is provided as long as no voice components are detected in the

input signal.
14. The method of any of claims 8 to 13, wherein a time for transferring the input signal
to the controllable-gain block is equal to a time for processing the gain control signal

from the input signal in the speech detecting block and the gain control block.

15. A computer program, comprising instructions which, when the program is executed

by a computer, cause the computer to carry out the method of any of claims 8 to 14.
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